Abstract: In this paper, we propose a new approximation method for realizing a digital filter model for the lossy vocal tract with a view to evaluating the effect of the interaction between the vocal tract and the subglottal system, which has a frequency-dependent factor in the vocal-tract analog. In our approximation, for the propagation factor we compose an analog filter using the combination of a pair of poles and zeros with a different real part and the same imaginary part, and carry out a transfer from the s domain to the z domain using the delta transform. For the reflection coefficient we compose a Finite Impulse Response (FIR) filter of 511-order by Fast Fourier Transform (FFT) computation. It is known that the ripple component can be observed in the glottal source flow as the effect of the interaction. Here we show that this ripple component is reduced and the duration of the glottal open phase is increased as effects of the frequency-dependent characteristics of the loss.
INTRODUCTION
It has been noted that an overlaid ripple component appears in the glottal source flow as the result of interaction between the vocal tract and the subglottal system [1] . Båvegård and Fant noted the auditory significance of this ripple and showed that the majority of listeners preferred synthesized voices with an interactive source, and that the difference between interactive and noninteractive sources is perceived clearly in a sentence rather than in stationary vowels [2] .
On the other hand, an equivalent-circuit model has been used for the analysis of the speech production system using the acoustic theory of the vocal-tract analog proposed by Fant [3] . In this theory, since the model of the vocal tract can be approximated using a cascaded circuit of some distributed transmission lines with different values of characteristic impedance, the driving-point impedance or the transfer function can be computed without difficulty in the frequency domain using the cascade matrix. However, the characteristic impedance and propagation factor have singular frequency-dependent functions, and therefore the computation in the time domain is difficult using the above model. Thus, the effect of the frequency-dependent characteristics has not been evaluated for the waveform of the glottal source flow. In this paper, we propose a new approximation method for realizing a digital filter model of the vocal-tract analog with frequency-dependent characteristics, and show that the evaluation can be performed for a glottal source flow in which the effect of these characteristics is not small.
It is difficult to approximate the above singular frequency-dependent function using a digital filter model of the vocal-tract analog. For this reason, the digital filter model has been realized by rough approximation at a fixed frequency only, and all the coefficients of the filter are constant parameters [4] [5] [6] . However, it can be used to evaluate the effect on the time domain of the frequencydependent characteristics by the application of the Fourier transform, and the time response of the reflection coefficient has been evaluated [7] . Furthermore, the response is convergent to zero in 5-7 ms, and has an effect on the duration (7-8 ms) of one pitch period of male speakers.
It is well known that the frequency-dependent characteristics result from the effect of viscous friction, the heat conduction and the wall impedance of the vocal tract. Although Wilhelms-Tricarico and McGowan have pro-posed a method of approximating the viscous losses in the ffiffi s p domain, the digital filter model has not been realized, and the effect of the frequency-dependent characteristics on the synthesized waveform has not been evaluated [8] .
We introduce a new approximation method for realizing a digital filter model for the lossy vocal tract, and propose a method of evaluating the loss characteristics in the time domain or waveform. Furthermore, we show that the ripple component of the glottal source flow is reduced and that the pitch period is increased as effects of the frequency-dependent characteristics.
EQUIVALENT-CIRCUIT MODEL AND FREQUENCY-DEPENDENT CHARACTERISTICS
If the wave propagating in the vocal tract is assumed to be a plane wave, it is known that the vocal tract can be regarded as a concatenation of uniform acoustic tubes, and each section of the tube corresponds to a distributed transmission line [3] . The equivalent-circuit model of the acoustic tube for a sufficiently short length is represented as the equivalent T-circuit shown in Fig. 1 . In this equivalentcircuit model, the values of individual elements are given as follows [9] :
and
(proposed by Suzuki [10] );
(proposed by Kamiyama et al. [11, 12] );
where is the air density, 0 is the viscosity coefficient of air, is the coefficient of heat conductivity of air, c p is the specific heat of air at constant pressure, c is the sound velocity, A is the cross-section area of the tube, and S is the circumference of the tube. The functions Rð!Þ, Gð!Þ, and Y W ð j!Þ represent the losses of the frequency-dependent factors. These functions correspond to the viscous friction, the heat conduction, and the wall admittance, respectively.
In this paper, the values of physical coefficients are determined as follows: In the equivalent distributed transmission line model, the characteristic impedance Zð j!Þ and the propagation factor ð j!Þ are given by [13] 
Since an irrational function ffiffiffi ffi ! p is contained in both Rð!Þ and Gð!Þ, it is very difficult to approximate the frequencydependent characteristics using a rational function, and the realization of a digital filter model is extremely difficult in the time domain. For this reason, the digital filter model has been realized by rough approximation at a fixed frequency only [4] [5] [6] . However, in the case of the above rough approximation, it is clear that the frequency-dependent characteristics of Rð!Þ, Gð!Þ, and Y W ð j!Þ are not considered.
In this paper, we propose a method of approximating the frequency-dependent characteristics of the loss factor in the distributed transmission line model of the vocal tract.
METHOD OF APPROXIMATING FREQUENCY-DEPENDENT CHARACTERISTICS
We consider the vocal-tract model that is regarded as the concatenation of uniform tubes numbered sequentially starting from the glottis, and each uniform tube is referred to as a section. Furthermore it is known that an equivalent digital filter of the ith section can be realized as the structure shown in Fig. 2 [4, 5] , where U þ i ðU À i Þ is the forward (backward) traveling wave of the volume velocity in the ith section, z À1 is the unit delay, and iþ1 ð j!Þ is the reflection coefficient.
The vocal-tract shape data used are for Japanese vowels /a/, /i/, and /u/, and are extracted from MRI data of one of the authors, and the data were measured at ATR Kyoto. From the data, the length of one section is determined as
For the approximation of the frequency-dependent characteristics, first the approximation of the characteristics of the delay factor expðÀ i ð j!ÞlÞ is discussed. We 
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introduce the function expðÀa i ð j!ÞlÞ, which is obtained by extracting the linear phase component of the propagation delay from expðÀ i ð j!ÞlÞ, i.e.,
In this paper, the characteristics of expðÀa i ð j!ÞlÞ are approximated using a rational function (5/5) in the s domain, and a digital filter model is realized from the rational function using the delta transform [14] . Second, the approximation of the characteristics of the reflection coefficient iþ1 ð j!Þ is discussed. Since iþ1 ð j!Þ has a singular characteristic, it is very difficult to approximate the characteristics using a rational function. For this reason, the reflection coefficient is approximated as the characteristics obtained using a truncated impulse response of iþ1 ð j!Þ, and a high-order FIR filter is realized.
For simplicity, the subscript i of the section number is omitted hereafter.
Approximation Method of Function expðÀað j!ÞlÞ
In order to approximate the characteristics of the function expðÀað j!ÞlÞ, the following approximate model is introduced as follows:
ðs= 1k þ1Þðs= 1k þ1Þ ðs= 2k þ1Þðs= 2k þ1Þ ; ð7Þ
where the parameter of this approximate model is given by P ¼ fG a ; 11 ; 21 ; ! 2 ; 12 ; 22 ; ! 3 ; 13 ; 23 g, and the complex conjugate of is denoted as . Since the frequency response of expðÀað j!ÞlÞ has a small dip in the magnitude, a pair of a pole and a zero is chosen at the same resonance/ antiresonance frequency and a different bandwidth in the above approximate model Àðs; PÞ so that the small dip in the magnitude can be approximated using an appropriate balance of each bandwidth.
An error function EðPÞ is employed as follows:
where À o ð! k Þ ¼ expðÀað j! k ÞlÞ, and k is the number of sampled points for expðÀað j!ÞlÞ. To estimate the parameter P with high accuracy for the frequency response of expðÀað j!ÞlÞ, the above error function based on the logarithmic magnitude is introduced [15] . If this error function is used for parameter estimation, the response of expðÀað j!ÞlÞ can be approximated with higher accuracy than obtained using the ordinary least-square method. A numerical simulation is performed to approximate expðÀað j!ÞlÞ for uniform tubes with various values of cross-section area A, collapse degree S r , and a section length l ¼ 0:2 cm; S r is defined as the ratio of the circumference of the ellipse to that of the circle in the cross-section area. As a result, all the estimated parameters can be seen on a smoothed surface, as shown in Fig. 3 .
If the surface is represented as a function, the smoothness is a useful property when the shape of the vocal tract is deformed dynamically, since the parameter P can be computed using the interpolation procedure in a short time.
As shown in Fig. 4 , a larger approximation error tends to appear for a thinner or more collapsed tube. As will be referred to later however, since a large error is almost never obtained for an ordinary-shaped vocal tract, in our approximation method high accuracy can be accomplished for any ordinary-shaped vocal tract. In Figs. 5 and 6, the approximation results for the cases of the smallest and largest errors case are respectively shown.
Since the above approximation is computed in the s domain, it is necessary to carry out a transformation from Àðs; PÞ to a discrete transfer function in the z domain for numerical simulation in the time domain. Since the delta transform is useful for realizing a digital filter model with low-sensitivity coefficients and robust stability [14] , we employ the delta transform for the transformation to the domain from the s domain; this property would also be useful for a time-varying simulation of moving articulation.
The rational function Àð; PÞ of , which is obtained using the delta transform of Àðs; PÞ, is given by
where the coefficients are given as
and for k ¼ 2 or 3,
In the above expression, T s is the sampling period, and 1k , 2k , and ! k are the same parameters as those in Eq. (7). Moreover, the discrete transfer function Àðz; PÞ in the z domain is obtained by substituting ¼ ðz À 1Þ=T s into Àð; PÞ in Eq. (9).
Approximation Method of Reflection Coefficient
ð j!Þ Since the length of one section is l ¼ 0:2[cm], the corresponding sampling frequency is equal to f s ¼ c=l ¼ 179 kHz in our digital simulation.
For the approximation of the reflection coefficient ð j!Þ, since ð j!Þ cannot be approximated with sufficient accuracy using any rational function in the s domain, we use a FIR filter with f s ¼ 179 kHz and order 511, i.e.,
The coefficients c n are computed from the inverse Fourier transform of ð j!Þ, and a windowing technique is used with the Hanning window.
Realization for One Section of the Vocal Tract
Using the above approximation method for the frequency-dependent functions expðÀað j!ÞlÞ and ð j!Þ, we realize a digital filter model for a single section of the vocal tract using the structure shown in Fig. 7 . 
Evaluation of Approximation Accuracy
In this subsection, we evaluate the approximation accuracy of our digital filter model for the transfer function and driving-point impedance of the vocal tract in the frequency domain.
In the following discussion, in order to evaluate the approximation accuracy of our model, the true transfer function Hð j!Þ and driving-point impedance Z v ð j!Þ of the vocal tract are computed using the cascade matrix of the equivalent-circuit model. Meanwhile, in the computation of the approximate functionsĤ Hð j!Þ andẐ Z v ð j!Þ in our model, the cascade matrix is computed using ðzÞ of Eq. (19) and Àðz; PÞ, where Àðz; PÞ is obtained by substituting ¼ ðz À 1Þ=T s into Àð; PÞ in Eq. (9). Moreover the boundary condition is employed at the lips of the radiation impedance model Z L ðsÞ with the infinite baffle [16] , Z L ðsÞ ¼ ðc=ða 2 ÞÞðsL r R r =ðR r þ sL r ÞÞ, R r ¼ 128=ð9 2 Þ, and L r ¼ 8a=ð3cÞ, where a is the radius of the opening, and the digital filter model L ðzÞ at the lips is realized using the delta transform. The reflection coefficient at the lips L ðsÞ is given by
where Z N ðsÞ is the characteristic impedance of the nearest section to the lips. For simplicity in this paper, we assume that this section is a lossless tube, i.e., Z N ðsÞ ¼ c=ða 2 Þ. In this case, the reflection coefficient at the lips L ðsÞ is given by
where the coefficients g L , 1L , and 2L are given as follows:
The reflection coefficient L ðÞ of , which is obtained using the delta transform of L ðsÞ, is given by
where the coefficients a L and b L are given as follows:
Moreover the reflection coefficient L ðzÞ in the z domain is obtained by substituting ¼ ðz À 1Þ=T s into Eq. (25).
In the following discussion, the evaluation of the approximation accuracy ofĤ Hð j!Þ andẐ Z v ð j!Þ is presented.
Transfer characteristics of volume velocity
When the proposed method is used for the approximation of the digital filter model, our approximation shows excellent agreement with the true characteristics in the region 0-6 kHz; the approximation error is almost zero in the region 2-6 kHz, and a small error appears in the region 0-2 kHz, as shown in Fig. 8 . Since the approximation error can be ignored at high frequencies, the evaluation results are shown in the restricted region 0-2 kHz. In comparison with the conventional digital filter model [5] , for the representative frequency 4 kHz, an improvement of accuracy can be seen in the regions of the first formant and the second formant for Japanese vowels /u/, /i/ and /a/, as shown in Fig. 8 .
A large approximation error appears in the characteristics of the low-frequency region of the conventional digital filter model. This is due to the fact that frequencydependent characteristics exist in the low-frequency region of both the reflection coefficient and the propagation factor, while these factors can be regarded as constant parameters at high frequencies.
Driving-point impedance at the glottis
In the realization of circuit models, since accurate approximation is important for the driving-point impedance of the vocal tract, we evaluate this impedance in our circuit model. The driving-point impedance Z v ð j!Þ at the glottis is computed using the ABCD parameters of the cascade matrix as follows:
In the computation of the driving-point impedance and the transfer characteristics of volume velocity, our approximation result shows good agreement with the true characteristics in the region 0-6 kHz. In Fig. 9 , the curves of driving-point impedance are shown for Japanese vowels /u/, /i/, and /a/ in the region 0-2 kHz, where the improvement of accuracy can be seen. In the region of the first resonant frequency, the accuracy is obviously improved. Although the pitch frequency is not contained in this region in our simulation, the harmonics of the pitch component are contained in this region. Thus, there would be some interaction among the component of the harmonics, the driving-point impedance, and the time-varying glottal impedance including the nonlinear characteristics. This interaction effect on the waveform of the glottal source flow is discussed in Sect. 5.
MODEL OF THE SUBGLOTTAL SYSTEM
We employ the model of the subglottal system proposed by Yoshikawa and Miki [17] , whose circuit model is shown in Fig. 10 . The subglottal pressure and the forward (backward) traveling wave of the volume velocity are denoted as P a ð j!Þ and U Since the volume velocity and pressure are continuous at point (a) of the figure, the relationship among P a ð j!Þ, U þ Lg ð j!Þ, and U À Lg ð j!Þ is obtained as
In the above equation, if the denominator can be approximated as 
the digital filter model of the subglottal system is realized as the structure in Fig. 11 . This boundary model and the ARMA filter approximation T z ðzÞ are discussed in another paper [18] . The subglottal impedance is computed by the same method [18] using the asymmetrically branching airway model proposed by Fredberg and Hoenig [19] .
In the case of the model without the subglottal system, Z 0 Lg ð j!Þ ¼ 0 is used in our simulation.
RESULTS OF NUMERICAL SIMULATION AND EVALUATION OF GLOTTAL SOURCE FLOW
In our numerical simulation of vowel synthesis using our models of the vocal tract and subglottal system, the two-mass model is used as the vocal folds model [20] , and the parameters of the two-mass model are fixed for all the cases.
In the following discussion, u g ðtÞ and u l ðtÞ denote the waveforms of the glottal source flow and the volume velocity at the lips, respectively.
We show the computed u g ðtÞ and u l ðtÞ using the vocaltract shape of Japanese vowels /u/ and /a/ in Fig. 12 . In the synthesized waveforms, part of one pitch period is shown as the steady-state oscillation of the vocal folds. In this figure, u l ðtÞ is compensated by the delay of the wave propagation from the glottis to the lips.
First, u g ðtÞ for the model without subglottal impedance is considered. For both Japanese vowels /u/ and /a/, the ripple component is reduced in our digital filter model compared with the conventional digital filter model.
Moreover, the open phase of the glottal source flow is longer than that of the conventional model, and the pitch period is increased. These tendencies are also noted for the Japanese vowel /i/.
As shown in Fig. 9 , the driving-point impedance of our model is lower and closer to that of a short circuit than that of the conventional model. It is deduced from the above that since the magnitude of reflection is high in our model at the boundary (c) in Fig. 10 , the volume velocity is reduced at the glottis. This reduction induces the reduction of the Bernoulli effect and the longer duration of the pitch period.
Also, in u g ðtÞ for our model with subglottal impedance for Japanese vowels /u/ and /a/, the reduction of the ripple component can also be observed. We see in the right column of Fig. 12 that the reduction of the ripple component for /a/ is larger than that for /u/ and that the open phase and the pitch period are longer than those in the conventional model.
The spectra of the glottal source flow u g ðtÞ computed for Japanese vowels /u/ and /a/ are shown in Fig. 13 ; since the first formant component is the dominant factor of the energy level, it is meaningful to evaluate the difference in the spectral level among the models.
As shown in Fig. 13 , the mean level of the amplitude in the region of the first formant is lower in our model than that in the conventional model, and the first formant component decreases with the loss factor in the vocal tract. This corresponds to the increase in the bandwidth or dumping factor, and this increase corresponds to the increase in the attenuation speed of the volume velocity at the lips, as shown in Fig. 12 .
From our experimental results shown in Figs. 12 and 13, the ripple component is reduced and the pitch period is increased in our model, both with and without subglottal impedance. Consequently we can conclude that the effect is caused by the frequency-dependent loss factor in the vocal tract.
CONCLUSION
In this paper, we presented a new approximation method for realizing a digital filter model for the vocal tract with frequency-dependent losses. Using this model, we evaluated the effect of the frequency-dependent losses on the glottal source flow by a numerical simulation. Moreover, we showed that the ripple component of the glottal source flow is reduced and that both the glottal open phase and the pitch period are increased due to the effects of the frequency-dependent losses.
According to Båvegård and Fant, the ripple component of the glottal source flow has auditory significance [2] . For this reason and from our results, we conclude that the frequency-dependent characteristics of the loss is an Fig. 11 Digital filter model of the subglottal system [18] . [cm 3 / sec] [cm 3 / sec] Fig. 12 Synthesized waveforms for Japanese vowels /u/ and /a/. P: our method (without subglottal impedance).
C: conventional method (without subglottal impedance). PL: our method (with subglottal impedance). CL: conventional method (with subglottal impedance). important factor in speech synthesis. In the vocal-tract model of speech synthesis, the propagation factor or reflection coefficient has been treated as a constant parameter. However, we showed that this conventional model is insufficiently accurate. Several problems remain unsolved in this work, e.g., a method of approximation the digital filter for time-varying vocal tract shapes should be considered, and the effect of the frequency-dependent losses on synthesized speech should be evaluated.
